Abstract-Quantifying vocal function is becoming increasingly important both for corroborating clinicians' subjective impressions during a voice evaluation and for assessing the effectiveness of surgery or voice therapy. Accelerometers offer significant potential for measuring voice use because they are immune to environmental noise, inexpensive, and suitable for ambulatory monitoring. This work investigates the extent to which measures of the acceleration of the skin on the neck (near the larynx) can be used to estimate important vocal function parameters. Simultaneous acceleration, acoustic, and airflow recordings from one male subject with a normal voice were made to initially examine relationships between the acceleration signal and the acoustic or airflow signals. A vocal system model is proposed to provide insights into these relationships. The model's acceleration-derived estimates of Maximum Flow Declination Rate (MFDR) and Sound Pressure Level (SPL) are compared to direct measures obtained from the airflow (MFDR) and acoustic (SPL) signals at the lips. Results show high correlations between the estimated and measured MFDR (r=0.86) and SPL (r=0.94) values, suggesting that clinically relevant parameters can be derived from accelerometer data using a vocal system model.
I. INTRODUCTION
LINICIANS and researchers interested in quantifying v how the larynx is functioning during voice production (vocal function) have often relied on acoustic, airflow, and electroglottographic signals. These signals are processed to estimate glottal parameters (e.g., by marking the fundamental frequency or inverse filtering). A method that has not been thoroughly explored for its potential to noninvasively gather information on vocal function is measuring the acceleration of the skin near the larynx.
Quantitative measurements on acceleration signals have been used to examine information arising from respiratory [1, 2] and nasal activity [3] [4] [5] [6] , but only recently have been used for vocal function [7] [8] [9] .
Obtaining an acceleration signal for measuring vocal function is noninvasive, and an accelerometer has advantages over other methods: (a) it is not as influenced by environmental noise as is a microphone; (b) its signal corresponds to the glottal source filtered by the subglottal system and the tissues between the airway and the accelerometer; (c) it is comfortable and inconspicuous enough to be worn for several hours, making possible Manuscript received June 2, 2006 . This work was supported by the U.S. National Institutes of Health Grants T32 DC00038, R44 DC02917, and R21 One practical application of this method of measuring acceleration is a "vocal accumulator", a device for recording about one day's worth of a wearer's voice use [7] [8] [9] . Similar devices, using a contact microphone[ 1O-13] or free-air microphone [14] strap. The microphone (Sennheiser MKE2) was fixed at midline, 15cm away from (and level with) the subject's lips, via a flexible arm attached to the chair.
The EGG signal was not calibrated because the absolute value of the vertical laryngeal position (VLP) signal provided by the EGG can be prone to error [15] [16] [17] . However, relative changes in the EGG signal are reasonable indicators of the direction of VLP change [18] . For these experiments, only the direction of VLP change (i.e., rostrally or caudally) was inferred from the EGG signal.
All four signals were amplified and low-pass filtered for anti-aliasing at 6 kHz (except for the EGG signal, which was low-pass filtered at 20 Hz), then digitized at 20 kHz and stored on hard disk. The signals were displayed simultaneously during recording for monitoring.
After the calibrations and gain settings, the subject was instructed to perform the following vocal tasks: 1) sustain vowels (/a/ as in father, lael as in bat, lil as in see, lol as in boat, lul as in boot) at normal loudness, quieter than normal, louder than normal, as quietly as possible, and twice as loud as normal; 2) say vowel-consonant-vowel (VCV) triplets in the carrier phrase "Say VCV again"; 3) sustain /a/ as long as possible (maximum phonation duration); 4) sustain /a/ while varying pitch from normal to lowest (excluding vocal fry) then to highest (including falsetto); 5) say the sentence "Pat gave the dog a bag"; 6) repeat task 1 with the Rothenberg mask removed. B. Vocal System Model Development The vocal system model developed for this work combines some past investigators' models with representations of (1) the accelerometer and the tissues between it and the subglottal airspace, and (2) the subglottal airspace between the glottis and accelerometer mounting point. Five main components make up the model (Figure 1 ), which is an electrical analog of acoustic and mechanical components, with pressure (or force) analogous to voltage and volume velocity (or velocity) analogous to current.
Mass MTW and resistance RTW incorporate the moving mass and the damping qualities of the accelerometer and all the structures between the tracheal airspace and the accelerometer. A mechanical-to-acoustic transformer with turns ratio As. I connects MTW and RTW to the acoustic part of the model, where As is the area under the accelerometer.
This two-element model reasonably approximates the vocal tract wall impedance for the frequencies of interest (60 to 3000 Hz) given past data [19] [20] [21] that suggest MTW should be on the order of 1 g and RTW should be between 103 and 104 g/s.
The subglottal transfer impedance ZT(/d) is treated as a "perturbation black box" model, meaning its poles and zeros do not necessarily correspond to the morphology of the subglottal system, but they can be perturbed to produce a desired ZT(/d). Initial values for the poles and zeros were taken from the measurements of [22] . ZT(/d) depends both on frequency f and the vertical distance between the glottis and the accelerometer d. The subglottal airspace is modeled as a lossless acoustic transmission line, of length 5 cm and cross-sectional area A=2.5 cm2, with load impedance ZL. An accelerometer placed inferiorly to the glottis at location do < 5cm will experience an acoustic pressure PA against the tracheal wall.
With ZIN and do, the transfer impedance can be solved as Equations (2) and (3) assume the vocal tract is a tube, closed at the glottis, with uniform cross-sectional area.
Lastly, the radiation characteristic R(J) was modeled as a simple acoustic source, which [23] notes that for frequencies below 4kHz the error between this approximation and more complex models is only a few dB, a degree of accuracy considered sufficient for this model.
C. Estimating Maximum Flow Declination Rate (MFDR)
with the Vocal System Model The initial model assumes no acoustic coupling between the subglottal and supraglottal systems (i.e., ZG--*co), thus the subglottal parameters will not depend on the vowel being spoken. The MFDR analysis procedures were performed first on the lael sustained at normal loudness from task 1, to estimate the static subglottal parameters. This served as a type of calibration for the model, and these estimates were used for the analysis of the remaining 24 vowels of task 1.
First, the "true" MFDR was estimated from the airflow. Linear Prediction [24] with 20 coefficients was performed on a 1024-point Hamming-windowed portion of the airflow signal from the middle of the sustained vowel to estimate TWf. Equations (2) and (3) determined IVT and fFn for n>4.
Bandwidths of the formants above F3 were fixed at 200 Hz.
Next a filter estimating T -1() was applied to the airflow signal segment to estimate the glottal flow vvGF(t). A 4th order low-pass Butterworth filter (FC=1250 Hz) was applied to vvGF(t) to minimize the effect of the Rothenberg mask's primary anti-resonance [25] . The bandwidths BWF], BWF2, and BWF3 were generally reduced to 80, 150, and 200 Hz respectively. Finally, dvvGF(t)2dt was approximated using a 512-point digital filter differentiator adapted from [26] and based on [27] . Six consecutive minima of dvvGF(t)ldt were averaged to give the airflow-based MFDR (MFDRF). This averaging method for MFDR is after [28] and [29] .
Second, the acceleration-derived MFDR (MFDRA) was estimated. Starting with MTW= 1 g and RTW 0, a digital filter was created to implement ZTj'(d), the inverse of the tracheal wall impedance. This filter and the 4th-order Butterworth filter (Fc=1250 Hz) were applied to the acceleration signal to estimate dvvGA(t)1dt. Next, the values of F]' Z1' F2 ' Z2 ' MTW, and RTW were adjusted to match dvvGF(t) dt and dvvGA(t)ldt visually, and the subglottal parameters were fixed. The mean of six consecutive minima from dvvGA(t)ldt gave MFDRA.
D. Estimating Sound Pressure Level (SPL) with the Vocal System Model
The following steps were performed on all sustained vowels from task 6, using the subglottal system parameters from the MFDR analysis. First, a 2048-point segment of the acceleration signal was selected from the mid-vowel. Second, VVGAI was estimated from the measured acceleration as follows: a digital filter representing ZTj'(d) was used to estimate dvvGA(t)ldt as described above. The magnitude of the fast Fourier transform (FFT) of dvvGA(t)ldt was divided by 27zf, then multiplied by G=2/(nwDc), where n FFT length and WDC = mean time value of the windowing function, to give IVVGAI. Third, the spectral magnitude of the microphone pressure signal at 15 cm from lips, IPmicl, was estimated by multiplying IVvGAI by the magnitude of a neutral vocal tract transfer function IT6(1 and the magnitude of the radiation characteristic IRWfIl. ITWfIl assumed a uniform vocal tract cross-sectional area, so that the formant frequencies fFn were determined solely by IVT, according to (2) . The value of IvT determined for the lael sustained at normal loudness was fixed across vowels, givingfF1 = 486, fF2 = 1459, and fF3 = 2431 Hz. The first three formant bandwidths were fixed at 100, 150, and 200 Hz. Higher formant bandwidths were fixed at 250 Hz. Fourth, the energy of the individual harmonics in IPmicI up to 3 kHz were summed to give the acceleration-derived SPL, or SPLA. The SPL measured at the microphone (SPLM) and the estimated SPL from the acceleration (SPLA) are plotted in Figure 3 , along with a dashed reference line of slope m=1 and a solid least-squares line-of-best-fit. The mean + 1 standard deviation of the error SPLArSPLA is -0.2 + 2.6 dB, while the line-of-best-fit is SPLM= 1.24xSPLA-19.5 (r 0.94).
IV. DISCUSSION Acknowledging that this initial study relies on data from one subject, the results show encouraging correlation between MFDRA and MFDRF. The mean MFDR values found in this study are larger than those of Holmberg et al. [30] for the soft and normal loudness conditions, but smaller than their result for the loud condition. These differences are probably due to a lack of SPL control in both studies: subjects were instructed with phrases like "louder than normal."
The matching procedure for the vocal system model parameters began with lael in a normal voice because it is close to being a neutral vowel. As a result, worse matches of MFDRA and MFDRF appear to occur for the non-low vowels lul, lol, and to a lesser extent lil. All of the MFDRA and MFDRF values for /a/ and lael are within 2 dB of each other, except for the twice as loud as normal /a/. In contrast, note how the MFDRA for lul in softest and soft voice underestimates MFDRF by about 10 dB, and similarly for lol in normal, loud and twice as loud voice by about 8 dB. Large differences at the twice as loud as normal condition, such as for lol and /a/, may arise due to a dynamic increase in RTW, which would boost the measured acceleration since the velocity of the accelerometer for a given PA is directly proportional to RTW.
The result that the SPLA estimates show a smaller mean error and standard deviation, with a larger correlation coefficient, than the MFDRA estimates was unexpected because the MFDR estimate required less processing with the vocal system model than did the SPL estimate, and the SPL estimate used a fixed vocal tract for all vowels. In general, SPLA overestimates the true SPL for the softest and soft conditions, while it underestimates the true SPL for the loud and twice as loud conditions. This skew may be a result of the fixed vocal tract. For example, the fixed F] for lael in the soft and softest conditions is lower in frequency than the actual F] by about 150 Hz, resulting in too much amplification of the spectrum around H4 and an overestimated SPLA. As another example, the fixed B WF2 for /a/ in the twice as loud condition may result in the harmonics around F2 not being amplified enough and leading to the underestimated SPLA.
